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Description 

METHOD FOR GENERATING OUTPUT 
SOUND DATA IN A PREDETERMINED 

TIME PERIOD 

Background of Invention 

[0001] 1. Field of the Invention 

[0002] The present invention relates to a method for generating 
output sound data in a predetermined time period, and 
more specifically, to a method for generating output 
sound data that is capable of adjusting the proportion of 
echo and reverberation. 

[0003] 2. Description of the Prior Art 

[0004] Modern music often includes echoes. This is because 

sound waves from musical instruments and voices are re- 
flected from the surrounding environment and the result- 
ing echoes become a part of the music. 

[0005] In order to simulate echoes, a mechanical echo simulator 
such as a spring or a special metal plate is often used to 



generate an echo effect in the prior art. However, in such 
mechanical echo simulators, only the volume can be ad- 
justed so that the echo effect is limited. 
[0006] However, as electrical acoustic systems progress, digital 
sound synthesizershave become mainstream because it is 
much easier to change the characteristics of digital sig- 
nals. 

[0007] Please refer to Fig.l showing a block diagram of a con- 
ventional digital sound synthesizer 20 according to the 
prior art. The digital sound synthesizer 20 includes a de- 
lay element 22, a mixer 24, an attenuator 26, and a mem- 
ory unit 28. The sound synthesizer 20 is for simulating an 
echo effect. When delaying a sound input for a specific 
time period as stored in the memory unit 28, the input 
sound (shown as "IN" in Fig.l)firstly passes throughthe at- 
tenuator 26.lt is thendelayed by the delay element 22 for 
a predetermined time AT, and is then combined with the- 
original sound input after the predetermined time by the 
mixer 24 to generate a sound signal accompanied with an 
echo (as shown as "OUT" in Fig.l). Please refer to Fig. 2 
showing the response of a pulse signal at each delay time. 
As shown in Fig. 2, the real sound will attenuate after gen- 
erated. In order to generate an output sound o(t) at t sec- 



ond, both an input sound i(t) and an echo of the previous 
sound input is required. In the case of using the structure 
shown in Fig.l to simulate echoes, since the structure 
only delays an input sound i(t-AT) before the predeter- 
mined time periodAT, the output sound 
o(t)=i(t)+k*i(t-AT), wherein k is an attenuation parameter 
of the attenuator. Obviously, as shown by Fig.l, the out- 
put sound o(t) does not include input sounds such as 
i(t-2AT) and i(t-3AT). Therefore, the output sound simu- 
lated by the sound synthesizer 20 does not attenuate 
gradually and is not natural. For a better echo effect, more 
space in the memory unit 28 is required to store input 
sounds in a longer time period, so that the output sound 

o(t)=i(t)+ k*i(t-AT)+ k^*i(t-2AT)+ k^*i(t-3AT)+ will 

approach the real sound. Thus, in order to simulate a 
larger echo, a large spaced memory unit 28 is required to 
store i(t), i(t-AT), i(t-2AT), i(t-3AT) and even more sounds 
input in other time periods, so that not only a larger 
memory space is required, but also an additional delay el- 
ement 22 and an additional attenuator 26 are required for 
each input sound i(t-nAT). 
[0008] In consideration of the problem mentioned above, another 
sound synthesizer design has been developed. Please re- 



fer to Fig. 3 showing a blocl< diagram of anotlier sound 
syntliesizer 10 according to tlie prior art. The sound syn- 
thesizer 10 includes a delay element 12, a mixer 14, and 
an attenuator 16. The mixer 14 is for mixing undelayed 
sound data from an input port (shown as "IN" in Fig. 3) and 
sound data delayed by the delay element 12 from the out- 
put port (shown as "OUT" in Fig. 3), in order to generate a 
sound signal accompanied with an echo. The delay ele- 
ment 12 is for delaying the output of the mixer 14 by a 
predetermined timeAT, and the attenuator 16 is for atten- 
uating the output of the delay element 12. Using the 
structure shown in Fig. 3, output sound o(t)= i(t)+ 
k*o(t-AT), and o(t-AT)= i(t-AT)+ k*o(t-2AT), o(t-2AT)= 
i(t-2AT)+ k*o(t-3AT), thus o(t)= i(t)+ k*i(t-AT)+ k 
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*i(t-2AT)+ k *i(t-3AT)+ , wherein k is the gain of the 

attenuator 16 which is between 0 and 1, and the prede- 
termined time of the delay element 12 is AT. The sound 
synthesizer 10 solves the problems in Fig.l by only keep- 
ing the two sound parameters i(t) and o(t-AT). In such a 
manner, the output sound is not a single echo but com- 
pensated by a group of echoes. However, if the attenuat- 
ing parameter a (a=l-k) is too small, the output sound 
will not attenuate enough so that the group of echoes will 



betoolarge and overpower the output sound. If the atten- 
uating parameter a is too large, the echo effect will not be 
obvious. Therefore, it is a target to design a sound syn- 
thesizer which can make the first echo obvious while re- 
ducing the remaining group of echoes. Using the synthe- 
sizer 20 shown in Fig.l, the output sound does not in- 
clude a group of echoes.When using the synthesizer 10 
shown in Fig. 3, because the sound synthesizer 10 needs a 
smaller attenuating parameter to make the first echo ob- 
vious, strong following subsequent echoes and reverbera- 
tion overpower the output sound. Therefore, it is impor- 
tant to improve the prior art. 
Summary of Invention 

[0009] It is therefore a primary object of the present invention to 
provide a method for outputting sound data in which the 
proportion of echo and reverberation can be adjusted, so 
that the output sound data has a proper first echo effect 
and is compensated by a group of echoes, and memory 
space is reduced as well. 

[0010] Briefly summarized, a method for generating output 

sound data in a predetermined time period includes mix- 
ing input sound data in the predetermined time period 
with input sound data in a time period previous to the 



predetermined time period, and output sound data in tlie 
time period previous to tlie predetermined time period in 
order to generate tlie output sound data in the predeter- 
mined time period. 

[0011] The present invention furtlierdiscloses a sound syntlie- 
sizer comprising an input port for inputting sound data, 
an output port for outputting sound data, and a logic unit 
for mixing input sound data in a predetermined time pe- 
riod from tlie input port with input sound data in a time 
period previous to the predetermined time period from 
the input port, and output sound data in the time period 
previous to the predetermined time period from the out- 
put port, in order to generate the output sound data in 
the predetermined time period. 

[0012] These and other objectives of the present invention will no 
doubt become obvious to those of ordinary skill in the art 
after reading the following detailed description of the pre- 
ferred embodiment that is illustrated in the various fig- 
ures and drawings. 
Brief Description of Drawings 

[0013] Fig,i is a block diagram of a conventional digital sound 

synthesizer according to the prior art. 
[0014] Fig. 2 illustrates the response of a pulse signal in each de- 



lay time. 

[0015] Fig. 3 is a blocic diagram of another sound synthesizer ac- 
cording to the prior art. 

[0016] Fig. 4 is a blocl< diagram of a sound synthesizer according 
to the present invention. 

[0017] Fig. 5 is a flowchart of the operations by the logic unit to 
convert sound data. 

[0018] Fig. 6 illustrates distribution of memory spaces during op- 
eration. 

[0019] Fig. 7 further illustrates distribution of memory spaces 

during operation. 
Detailed Description 

[0020] Please refer to Fig. 4 showing a block diagram of a sound 
synthesizer 30 according to the present invention. The 
sound synthesizer 30 includes an input port 32, an output 
port 34, an input memory unit 60, an output memory unit 
62, and a logic unit 36. The logic unit 36 includes a first 
delay element 42, a second delay element 44, a first mixer 
46, and a second mixer 48. The input port 32 is for in- 
putting sound data, the first delay element 42 is for de- 
laying the sound data from the input port 32, the first 
mixer 46 is for mixing the sound data from the input port 
32 with an input signal generated by delaying an output 



signal of the first mixer 46, the second delay element 44 
is for delaying the output signal of the first mixer 46, and 
the second mixer 48 is for mixing the output signal of the 
first mixer 46 with the sound data delayed by the first de- 
lay element 42. In other words, the second delay element 
44 and the first mixer 46 compose a feedback loop. Fi- 
nally, the output port 34 outputs the sound data mixed by 
the second mixer 48. 

[0021] In order to describe the present invention more clearly, 
please refer to Fig. 5 to Fig. 7. Fig. 5 shows a flowchart of 
the operation of the logic unit 36 used to convert sound 
data. Fig. 6 and Fig. 7 show distribution of memory spaces 
during the operations. The sound synthesizer 30 provides 
the input memory unit 60 for storing input sound data 
and the output memory unit 62 for outputting sound data 
according to the input sound data. The flow of the sound 
synthesizer 30 generating sound data with echoes is de- 
scribed as follows: 

[0022] steplOO:Start. At this time the initial values of the input 
memory unit 60 and the output memory unit 62 are nulls. 

[0023] Stepl02: Input sound data in a predetermined time period 
by the input port 32 into the input memory unit 60. 

[0024] Stepl04: The logic unit 36 mixes the sound data in the 



predetermined time period witli the product of sound data 
input in tlie previous time period using a first attenuating 
value a, and witli the product of sound data output in the 
previous time period with a second attenuating value b. 

[0025] stepl06:Store the output sound data in the predetermined 
time period in the output memory unit 62. 

[0026] steplOS: Output the output sound data stored in the out- 
put memory unit 62 from the output port 34. 

[0027] stepllO: End. 

[0028] For a moreclear description, assume that the input mem- 
ory unit 60 has two memory sections 601, 602 and the 
output memory unit 62 has also two memory sections 
621, 622 of the same length, that is, these sections can 
store sound data of the same length such as 10msec (but 
not limited to 10msec).The processing of sound data is 
described as follows. Firstly, original sound data A is 
stored in the memory section 601 of the input memory 
unit 60 through the input port 32. The logic unit 36 then 
processes the sound data A input in the predetermined 
time period as described in Stepl04. Since the memory 
sections 602, 621, 622 are all nulls, the output sound 
data remains A and is stored in memory section 621 and 
output by the output port 34. At time 10msec, input 



sound data B is stored in the memory section 602, and the 
logic unit 36 processes the input sound data as described 
in Stepl04 to generate output sound data resulting in 
B+aA+bA.lt then stores the output sound data in memory 
section 622 and outputs the sound data from the output 
port 34. At time 20msec, new sound data C is stored in 
the memory section 601, and the logic unit 36 processes 
the input sound data as described in Stepl04 to generate 
output sound data resulting in C+aB+b(B+aA+bA).lt then 
stores the output sound data in memory section 621. At 
time 30msec, sound data D is stored into memory section 
602, and the logic unit 36 processes the input sound data 
as described in Stepl04 to generate output sound data 
resulting in D+aC+b(C+aB+b(B+aA+bA)).lt then stores 
the output sound data in memory section 622. Continu- 
ing, the logic unit 36 repeats these steps until there is no 
more input sound data. As described above, after 30msec, 
the first echo effect at 20msec remains apparent after be- 
ing attenuatedwith the proper control, that is, by keeping 
the parameter b less than the parameter a, the previous 
input sound (i.e. input sound B at 10msec and input 
sound A at 0msec) will attenuate rapidly at 30msec so that 
those echoes will not last for a long time. 



[0029] In the case of sound synthesizer 20, if a loud first echo 
effect is required, because the synthesizer 20 can only 
mix sound input in the previous time period i(t-AT) but 
not i(t-2AT), i(t-3AT), the output sound will not be com- 
pensated by a group of echoes. And in the case of sound 
synthesizer 10, for a loud first echo effect, the attenuating 
parameter is required to remain small, so that not only a 
strong first echo will be generated, but also the continu- 
ing echoes will last for a long time. In contrast to this, the 
present invention provides a method to keep a large pa- 
rameter a while reducing the parameter b less than the 
parameter a. In such a manner, a loud first echo is gener- 
ated and the continuing echoes will not last too long. 

[0030] In practical applications, the logic unit 36 in Fig. 4 can also 
be implemented with program code stored in the sound 
synthesizer. 

[0031] In contrast to the prior art, the sound synthesizer mixes 
sound data input in a predetermined time period with 
sound data input in the time period previous to the pre- 
determined time period, and sound data output in the 
time period previous to the predetermined time period. 
This strengthens the sound data input in the time period 
previous to the predetermined time period properly to 



make a loud first echo, and weakens the sound data out- 
put in the time period previous to the predetermined time 
period as well. In addition, the method according to the 
present invention has another advantage in saving mem- 
ory space, which is a further improvementover the prior 
art. 

[0032] Those skilled in the art will readily observe that numerous 
modifications and alterations of the device may be made 
while retaining the teachings of the invention. Accord- 
ingly, the above disclosure should be construed as limited 
only by the metes and bounds of the appended claims. 



